
US 20040086130A1 

(12) Patent Application Publication (10) Pub. N0.: US 2004/0086130 A1 
(19) United States 

Eid et al. (43) Pub. Date: May 6, 2004 

(54) MULTI-CHANNEL SOUND PROCESSING 
SYSTEMS 

(76) Inventors: Bradley F. Eid, Greenwood, IN (US); 
Hans-Juergen Nitzpon, Waldbronn 
(DE) 

Correspondence Address: 
GENERAL NUMBER 00757 
BRINKS HOFER GILSON & LIONE 
P.O. BOX 10395 
CHICAGO, IL 60611 (US) 

(21) Appl. No.: 10/607,024 

(22) Filed: Jun. 25, 2003 

Related US. Application Data 

(63) Continuation-in-part of application No. 10/254,031, 
?led on Sep. 23, 2002. 

(60) Provisional application No. 60/377,696, ?led on May 
3, 2002. 

100 \‘ 

Publication Classi?cation 

(51) rm.c1.7 ..................................................... .. H04R 5/00 

(52) Us. 01. ............................................... ..3s1/20; 381/22 

(57) ABSTRACT 

Sound processing systems have been developed that create 
a surround effect Without quality degradation experienced by 
knoWn sound processing systems in non-optimum listening 
environments. The sound processing systems may include 
matrix decoding systems that manipulate input signals prior 
to converting them into a number of output signals so that 
the output signals are a function of a greater number of input 
signals. These sound processing systems may also or alter 
nately include a base management system that from the 
input signals preserves the loW frequency components of the 
input signals in separate channels. Both the matrix decoding 
systems and base management systems may also produce 
additional signals. Further, the matrix decoding and base 
management systems may be implemented separately or 
jointly in vehicular sound systems. 
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MULTI-CHANNEL SOUND PROCESSING 
SYSTEMS 

PRIORITY CLAIM 

[0001] This application is a continuation-in-part of US. 
patent application Ser. No. 10/254,031, ?led Sep. 23, 2002, 
Which claims priority based on US. Provisional Application 
No. 60/377,696, ?led May 3, 2002, both of Which are 
incorporated by reference into this document in their 
entirety. 

BACKGROUND OF THE INVENTION 

[0002] 1. Technical Field 

[0003] The invention generally relates to sound processing 
systems. More particularly, the invention relates to sound 
processing systems having multiple outputs. 

[0004] 2. Related Art 

[0005] Consumer expectations of sound quality in audio 
or sound systems are increasing. In general, such consumer 
expectations have increased dramatically over the last 
decade, and consumers noW expect high quality sound 
systems in a Wide variety of listening environments, includ 
ing vehicles. In addition, the number of potential audio 
sources has increased. Audio is available from sources such 
as radio, compact disc (CD), digital video disc (DVD), super 
audio compact disc (SACD), tape players, and the like. 
While sound systems have traditionally supported tWo 
channel (“stereo”) formats, today many sound systems 
include surround processing systems that create a perception 
that sound is coming from all directions around a listener (a 
“surround effect”). Such surround sound systems may sup 
port formats using more than tWo discrete channels (“multi 
channel surround systems”). Creation of the surround effect 
in a Wide variety of listening environments requires consid 
eration of a different set of variables depending on the 
listening environment. 

[0006] Surround sound systems generally use three or 
more loudspeakers (also referred to as “speakers”) that 
reproduce sound from tWo or more discrete channels to 
create the surround effect. Successful development of the 
surround effect involves creating a sense of envelopment 
and spaciousness. Such a sense of envelopment and spa 
ciousness, While very complex, generally depends on the 
spacial properties of the background stream of the sound 
being reproduced. Re?ective surfaces aid the sense of envel 
opment and spaciousness in the listening environment 
because re?ective surfaces redirect impacting sound back 
toWards the listener. The listener may perceive this redi 
rected sound as originating from the re?ective surface or 
surfaces, thus creating the perception that the sound is 
coming from all around the listener is enhanced. 

[0007] Many digital sound processing formats support 
direct encoding and playback of sounds using multi-channel 
surround processing systems. Some multi-channel surround 
processing systems have ?ve or more channels, Where each 
channel carries a signal for conversion into sound Waves by 
one or more loudspeakers. Other channels, such as a sepa 
rate band limited loW frequency channel, also may be 
included. A common multi-channel surround processing 
format (referred to as a “5.1 system”) uses ?ve discrete 
channels and an additional band limited loW frequency 
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channel that generally is reserved for loW frequency effects 
(“LFE”). Recordings made for reproduction by 5.1 systems 
may be processed With the assumption that the listener is 
located at the center of an array of loudspeakers that includes 
three speakers in front of the listener and tWo speakers 
located someWhere betWeen and including the sides of the 
listener and about 45 degrees behind the listener. In ?ve 
channel multi-channel surround systems, both the channels 
and the signals carried by the channels may be referred to as 
left-front (“LF”), center (“CTR”), and right-front (“RF”), 
left-surround (“LSur”), and right-surround (“RSur”). When 
seven channels are implemented, LSur and RSur may be 
replaced by left-side (“LS”), right-side (“RS”), left-rear 
(“LR”) and right-rear (“RR”). 

[0008] Most recorded material is provided in traditional 
tWo-channel stereo. HoWever, a surround effect can be 
achieved from tWo-channel signals through the use of matrix 
decoders. Matrix decoders may synthesiZe four or more 
output signals or outputs from tWo input signals, Which may 
include a left input signal and a right input signal. When 
used in this manner, matrix decoders mathematically 
describe or represent various combinations of input signals 
in an N><2 or other matrix, Where N is the number of desired 
outputs. In a similar manner, matrix decoders may also be 
used to synthesiZe additional output signals from three or 
more discrete input signals using an N><M matrix, Where M 
is the number of discrete input channels. 

[0009] When used to create a surround effect from a 
two-channel signal, a matrix usually includes 2N matrix 
coef?cients that de?ne the proportion of the left and/or right 
input signals for a particular output signal. The values of the 
matrix coef?cients generally depend, in part, on the intended 
direction of the recorded material as indicated by one or 
more steering angles. Each steering angle may be a function 
of tWo signals. In general, one steering angle is a function of 
the left and right input signals (the “left/right steering angle” 
or “lr”), and another steering angle is a function of tWo 
signals derived from the right and left input signals (the 
“center/surround steering angle” or “cs”). Each steering 
angle indicates the intended direction of the recorded mate 
rial in terms of an angle betWeen the tWo signals from Which 
it Was derived. 

[0010] The design of audio or sound systems involves the 
consideration of many different factors, including for 
example, the position and number of speakers and the 
frequency response of each speaker. The frequency response 
of most speakers traditionally has been limited such that 
many speakers cannot reproduce loW frequencies accurately, 
if at all. Therefore, most surround processing systems also 
include a separate speaker or speakers designed and dedi 
cated to producing these loW frequency signals. To direct the 
loW frequency signals to this separate loW frequency 
speaker, surround sound systems may employ a process 
knoWn as “bass management.” Traditional bass management 
separates the loW frequencies from each channel using a 
crossover ?lter and adds them together to create a single 
channel (“mono”) signal. This procedure may lead to deg 
radation of the surround effect because the combined loW 
frequencies are not decorrelated. Unfortunately, foregoing 
the traditional bass management may also lead to undesir 
able results because the loW frequencies sound quite unnatu 
ral When steered by most matrix decoders. 
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[0011] In another example, the physical properties of a 
listening environment and/or the manner in Which a listening 
environment Will be used dictate the factors that need to be 
considered When designing sound systems. Most surround 
sound systems are designed for optimum listening environ 
ments. Optimum listening environments generally are rever 
berant and center the listener among an array of speakers, 
facing forWard in a position knoWn as the “sWeet spot.” 
HoWever, the physical properties of non-optimum listening 
environments can be much different and generally require 
that different factors be considered When sound systems are 
designed. One example includes, listening environments 
that are enjoyed simultaneously by more than one listener, 
none of Whom may be stationary or located in the “sWeet 
spot.” Another example includes, listening environments 
that are quite small and are not very re?ective. Such listen 
ing environments present a challenge in creating the sur 
round effect. In yet a further example, the listening envi 
ronment may be such that the listener or listeners are located 
near one or more of the speakers. Most surround sound 
systems Were simply not designed With these factors in 
mind. 

[0012] Avehicle is an example of a non-optimum listening 
environment in Which listener placement, speaker placement 
and lack of re?ectivity are important factors in the design of 
surround sound systems for that listening environment. A 
vehicle may be more con?ned than rooms containing home 
theatre systems and much less re?ective. In addition, the 
speakers may be in relatively close proximity to the listeners 
and there may be less freedom With regard to speaker 
placement in relation to the listener. In fact, it may be nearly 
impossible to place each speaker the same distance from any 
of the listeners. For example, in an automobile, the front and 
rear seating positions and their close proximity to the doors, 
as Well as the siZe and location of kick-panels, the dash, 
pillars, and other interior vehicle surfaces that could contain 
the speakers all serve to limit speaker placement. In another 
example, When the center speaker is placed in the dash, the 
siZe of the center speaker is limited due to the space 
constraints Within the dash. These placement and siZe 
restrictions are problematic considering the short distances 
available in an automobile for sound to disperse before 
reaching the listeners or the Walls. Due to these factors, 
multi-channel surround processing systems suffer serious 
quality degradation When implemented in non-optimum 
listening environments. 

SUMMARY 

[0013] Sound processing systems have been developed 
that create a surround effect Without the quality degradation 
experienced by knoWn sound processing systems in non 
optimum listening environments. These sound processing 
systems may include a matrix decoding system and/or a base 
management system. The matrix decoding system and the 
base management system enhance the surround effect com 
plimentary manners. The sound processing system may also 
include a signal source that may provide one or more digital 
signals to the matrix decoding system and/or the base 
management system, a post-processing module, and one or 
more electronic-to-sound Wave transformers for converting 
one or more output signals into sound Waves. The matrix 
decoding system and the base management system may be 
implemented in a sound processing system as part of a 
surround processing system. The surround processing sys 
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tems may also include an adjustment module that may 
further adapt the system to a particular listening environ 
ment. 

[0014] The matrix decoding systems may include a multi 
channel matrix decoding method that manipulates input 
signals and converts them into a number of output signals to 
create a surround effect even in non-optimum listening 
environments. The matrix decoding methods may include 
creating input signal pairs as a function of the various input 
signals, and creating output signals as a function of the input 
signal pairs using matrix decoding techniques. The input 
signal pairs enable the combination of input signals included 
in the output signals to be adjusted Without altering the 
matrix decoding techniques. In this manner, the rear output 
signals created by the matrix decoding techniques may be a 
function of all the input signals. As a result, some sound Will 
emanate from the rear of the listening environment When 
ever there is an input signal, thus enhancing the surround 
effect in listening environments that may lack adequate 
reverberation. The multi-channel matrix decoding methods 
may provide further enhancement of the surround effect by 
applying a delay to some of the output signals. In addition, 
the multi-channel matrix decoding methods may produce 
additional output signals. 

[0015] The matrix decoding systems may include a matrix 
decoding module that manipulates the input signals and 
converts them into a number of output signals. The input 
signals may be manipulated by an input mixer, Which creates 
input signal pairs as a function of the input signals. The input 
signal pairs may then be decoded into an equal or greater 
number of output signals using a matrix decoder. The matrix 
decoder may also include one or more shelving ?lters that 
may attenuate higher frequencies in certain output signals. 
These shelving ?lters may be adaptive as a function of the 
direction of the sound as indicated by a steering angle. 
Additionally, the matrix decoder may include one or more 
delay modules that apply a delay to one or more of the output 
signals. Further, the matrix decoder may include an addi 
tional output mixer that produces additional output signals. 

[0016] Base management systems generally create high 
frequency input signals for processing by a matrix decoder 
While preserving the loW frequency components of the input 
signals in separate channels. By preserving the loW fre 
quency components of the input signals in separate chan 
nels, the surround effect created from the input signals may 
be enhanced. In addition, the unnatural effects that may 
result from steered loW frequency signals may be avoided by 
preventing the loW frequency input signals from being 
processed by a matrix decoder. 

[0017] The base management systems may include a base 
management method that removes the loW frequency com 
ponent of the input signals to create high frequency input 
signals and, removes the loW frequency components of the 
input signals to create loW frequency input signals. The high 
frequency input signals may then be processed by a matrix 
decoding technique, While the loW frequency input signals 
may forego such processing. In addition, the base manage 
ment method may also include creating a separate loW 
frequency or “SUB” signal and may include creating addi 
tional loW frequency input signals. Further, the base man 
agement method may also include blending one or more of 
the loW frequency input signals into one or more of the other 




























